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Abstract 
Digital finite impulse response (FIR) filters are very useful to digital devices such as hand phones, digital cameras 
and tablet computers and in many more digital product. The important behind this is digital signal processor and all 
these products working as the brain of human if we compared to advance signal processing (ASP). One of the common 
and suitable processing technique is filtering. Here we focus on three window technique named as parks McClellan, 
Rectangular and Kaiser window technique as well as some prototype filter deign and showing some result with respect 
to their filter characteristics. 
© 2016 The Authors. Published by Elsevier B.V. 
Peer-review under responsibility of the Organizing Committee of ICCCV 2016. 
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1. INTRODUCTION 
Because of powerful optimization of algorithm in the design problems of FIR filters so that practical 
application is possible with low attenuation. FIR filter can easily designed with exactly linear phase. For 
FIR filter here McClellan algorithm is used. Here McClellan utilise Chebyshev approximation method. By 
using this method one can minimizes the error in the pass and stop bands. From reference1: optimization 
technique have been proposed which gives several properties to arbitrary frequency-response characteristics 
which are in References2,3,4,5.Recursive filter output obtained from past filter output but nonrecursive case 
obtained explicitly in terms of present and past inputs that means previous output not used to get the output 
of current output by reference6,7,8. 
 2016 The Authors. Published by Elsevier B.V. This is an open access article under the CC BY-NC-ND license 
(http://creativecommons.org/licenses/by-nc-nd/4.0/).
Peer-review under responsibility of the Organizing Committee of ICCCV 2016
730   Badri Narayan Mohapatra and Rashmita Kumari Mohapatra /  Procedia Computer Science  79 ( 2016 )  729 – 736 
 
2. Window Concept 
  Designing FIR filters by straightforward approach is to determine the infinite-duration response. This can 
be possible by expanding ideal filter in Fourier series and then smooth these response by window function. 
Basically there are different types of windows are in digital signal processing like Kaiser window, Sinc 
window, Hann window, Rectangular, Triangular (Bartlett), Bohman, Blackman and the ideal characteristic of 
standard filters like Lowpass,  highpass,  bandpass filters. 
 
But design starts by calculating the coefficients h(n) in the FIR filter 
 
                                   H2ߨ (w) = σ ݄ሾ݊ሿǤ ሺ݁௝௪ሻି௡ஶ௡ୀஶ  = σ ܾ௡Ǥ ሺ݁௝௪ሻି௡ஶ௡ୀ଴                                       (1) 
 
where the added subscript denotes 2-periodicity. The substitution ߱=2ߨf, preferenced by many filter design 
programs, which changes the units of frequency. Here ߱ represents frequency in normalized units (radians 
/sample). (f) to cycles/sample and the periodicity to 1. 
When the x[n] sequence has a known sampling-rate, fs the substitution ߱=2ߨ f/ fs changes the units of frequency 
samples/second (f) to cycles/second (hertz) and the periodicity to fs. The value ߱=ߨ corresponds to a frequency. 
           By using fast fourier transform (FFT) or by using direct convolution FIR filter can be realized in both 
recursively and nonrecursively 2,9 .The frequency response, H(ejw) is a complex quantity. so from10: 
                   
                                    H(݁௝௪) =หܪሺ݁௝௪ሻหסܪሺ݁௝௪ሻ ൌ ܥሺ݁ି௝ఈ௪ሻ                                                  (2) 
 
Where หܪሺ݁௝௪ሻห  = C which is magnitude 
and  סܪሺ݁௝௪ሻ = -ߙw is the phase. As well as phase delay. 
 
                                         ߬௣ = -׎ሺೢሻௐ                                                                                            (3) 
 
and group delay is  
                                             ߬௚ = - ௗௗ௪ ׎ሺݓሻ                                                                                     (4) 
For a linear-phase filter ,the delay is constant from reference10. 
 
2.1 Kaiser window 
 
The Kaiser window, which is same as Kaiser-Bessel window, and this window was developed at Bell Laboratories by James Kaiser. 
In digital signal processing, it is defined as from reference11. 
 
                                               W[n] = 
ூబටଵିቀ మഏಿషభିଵቁ
మ
ூబሺగఈሻ  ,    0൑ ݊ ൑ ܰ െ ͳ                                                    (5) 
   
                                                W[n] = 0   otherwise ,                                                                                          (6) 
 
where: I0  is the zeroth order Modified Bessel function of the first kind. 
ߙ  is an arbitrary, non-negative real number that determines the shape of the window. 
N  is the length of the sequence. 
 
In the frequency domain, it determines the trade-off  between main-lobe width and side lobe level, which is 
a central decision in window design. The peak value of the window is w[(N-1)/2] = 1,(When N is an odd 
number) and The peak values are w[N/(2-1)] = w[N/2] less then 1, (when N is even,) figure 1 describe the 
FIR filter when sample frequency is taken as 2000 and num tap is 32 with window o_. Table 1 explain the 
731 Badri Narayan Mohapatra and Rashmita Kumari Mohapatra /  Procedia Computer Science  79 ( 2016 )  729 – 736 
 
simulation data taken for the given study analysis in the characteristic of filter design. All the simulation is 
carried out by using Iowa Hills FIR Filter Designer free software tool. Table II represents the magnitude 
,frequency and group delay values when the cursor point will be in the output result of the simulation. By 
simulating FIR filter we can find different Kaiser window which is shown in figure 1. Outputs for lowpass, 
bandpass and high pass and notch the result will be shown in figure 2 and 3. 
 
 
Fig. 1. when no window is used s=2000,Freq=500mHz,num tap=32. 
                   Table 1. Data consideration (for simulation)  
Function window Sample value Frequency 
Window off 2000 500 
Sinc 0.2000 500 and sinc Exp 
1000 
Kaiser 2000 200 and ߚ ൌ
ͶǤͲͲͲ 
 
                                Table 2. Different pointing position values of FIR simulation 
Frequency(mhz) Mag(in terms of 
dB) 
Group delay (sec) 
1.953 10.00 39.0 
98.63 0.6 35.3 
195.3 
296.9                                                                       
395.5 
502.0 
596.7 
695.3 
798.8 
898.4 
-9.4 
-20 
-29.1 
-39.4 
-49.4 
-59.7 
-69.7 
-79.4 
 
31.4 
27.3 
23.7 
19.7 
15.8 
11.8 
7.91 
4.13 
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Fig. 2.  (a) Lowpass  (b)  bandpass result from kaiser window 
 
Fig. 3.  (a) Highpass and  (b) Notch result from kaiser window 
2.2 Sinc window 
 
Sinc function is denoted by sinc(x)from reference12.This function has a very good properties that it will 
make a standard perfection in relationship to interpolation of band limited (sampled)functions. sinc function 
is defined in DSP as for x ് 0 by12. 
 
                                                                   Sinc (x) = ௌ௜௡௖ሺగ௫ሻగ௫                                                                     (7) 
 
synthesize filters using the sinc pulse doesn’t allow one to adjust the window’s shape to reduce overshoot 
and ringing in the step response. By using simulation tool we can design sinc window filter as shown in 
figures 4 and 5. 
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Fig. 4.  (a) Lowpass   (b) Bandpass result from Sinc window 
 
Fig. 5.  (a) Highpass   (b) Notch result from Sinc window 
3. Prototype Filter 
There are different prototype filter can be designed by software simulation. we first consider the raised cosine type 
filter. 
3.1 Raised Cosine filter 
 
Low pass Nyquist filter is implemented in the raised-cosine filter i.e., we know its a property of vestigial 
symmetry. So that the spectrum exhibits odd symmetry. 
 
                                                                                               ଵଶ்                                                                (8) 
 
where T  is the symbol- which is time period of the communications system. 
Its frequency-domain representation is given by: 
 
                                                                   H(f) = T,  0൑ ȁ݂ȁ ൑ ଵିఉଶ்                                          (9) 
                                            H(f) = T 2 [1+ cosሺగ௧ఉ  [ȁ݂ȁ െ
ଵିఉ
ଶ் ])],  
ଵିఉ
ଶ் ൏ ȁ݂ȁ ൑ 
ଵାఉ
ଶ்               (10) 
                                                                 H(f) = 0 , otherwise                                                   (11) 
 
 
 
Fig. 6. (a) Raised cosine filter  (b) Hyper cosine filter result from Sinc window 
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The bandwidth of the spectrum can be determined by 0 ൑ ߚ ൑ 1. Similarly hypercos, parks and rectangular 
prototype filters are there. Simulation output by Raised cosine filter and Hyper cosine is shown in figure 6. 
 
3.2 Hyperbolic cosine 
 
Applications such as beam forming, speech processing as well as designing filter Hyperbolic cosine is 
very usefull13 .Frequency domain window prototype is Hyperbolic Cosine window which is used to form the 
ideal frequency domain response for the filter. 
3.3 Parks-McClellan 
 
This method is popular because of computationally efficient as well as works by specifying the one is Frequency and 
magnitude pairs and second is length of the filter14. sometime it is often called the Remez exchange method15. The 
main purpose behind this is for designing symmetric filters. it also minimize particular set of design constraints while 
minimizing the filter length. This method resulting filters minimize and maximize the response characterstic by 
spreading approximation error uniformly over each side of  band15. It is an iterative process, Parks McClellan filters 
have more ripple if we compare to a Fourier filter. sharper response can be generated with the Parks McClellan with 
far fewer taps. Figure 8 represents the Parks and Rectangular prototype filters output. 
 
Fig. 7. Magnitude response prototype filter bank 
 
Fig. 8.  (a) Parks filter and  (b) Rectangular filter 
 
3.4  Rectangular type 
 
The Rectangular window is rarely used for its stop band attenuation. Since initial requirement of a digital 
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filter are predefined and due to less selectivity, to narrow the transition region we may increase the filter 
order. By increasing the filter order there is less chance of the filter to be affect16. It is easy to find the 
coefficients for rectangular window because it is in between 0 to N-1 (N-filter order)are equal to 1, which 
can be given by16. 
                                                         W[n] = 1 ;  0൑ ݊ ൑ ܰ െ ͳ                                  (12) 
 
                                                  ׬ ݁ି௝ଶగ௪௠ஐౙିஐ  dw = 2ȳ௖ sinc (2ȳ௖ߨ݉)                       (13) 
 
To reduce the sidelobe Kaiser(time domain)must be applied to the impulse response figure 7. 
4.  Time and Spectrum domain approach  
A time -domain implementation of filtering turns out to much more effective while implementaining the practical 
things. The effect of quantization can be known from output signal spectrum. The frequency spectrum given by the 
fourier transform is the average spectrum over all the time17. From -λ to + λ . How the output variation for sine and 
square wave for time and frequency domain impulse characteristics shown in figures 9 and 10. 
 
 
 
Fig. 9. Time domain (a) Sine wave and (b) square wave 
 
Fig. 10. Spectrum domain (a) Sine wave and (b) square wave 
 
4.1  Effect of Pole and Zeros 
 
According to the position of poles and zeros one can test stability of discrete time system, errors in the coefficients 
encountered in the hardware implementation. From this pole and Zero effect also detect round off errors made due to 
software implementation of a filter.FIR filter coefficient error affects more the frequency characteristic as spacing 
between the zeros of the transfer function narrows16. Figure 11 shows the pole zero effect. 
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Fig. 11. Pole and zero impulse 
5. Conclusions 
In this paper windows like Kaiser and Chebyshev are able to control the pass band and stop band ripples 
simultaneously and meet the required specification. Kaiser and Sinc windows frequency characteristics  output also 
we observed. we conclude that for a prescribed specifications, Simple window functions, triangular, the rectangular, 
do not allow design satisfaction. Among filters Raised Cosine prototype is a good filter for reducing inter-symbol 
interference in digital modulation schemes, but it works very well for generating general purpose FIR filters because 
we can adjust its shape for a better time domain response. From observation Hyperbolic Cosine its step response has 
somewhat less overshoot than a Raised Cosine filter. 
                  . 
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